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328651(28) P R-MAY2022
B. E. (Sixth Semester) Examination 2026
(New Scheme)
(Et & T Engg. Br.)
DIGITAL SIGNAL PROCESSING
Time Allowed ; Three hours
Maximum Marks : 80

Minimum Pass Marks : 28

Note : Attempt all questions. Part (a) of each question
is compulsory. Attempt any two parts from (b),
(c) and (d) of each question.

Unit-1I
1. (a) Name any two properjies of DFT. 2

(b) Compute circular periodic convolution of the two
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2. (a

(b)
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sequences x (n) ={1,1,2,2} and

x,(n) = {1,2,3,4}.

Derive the DFT of the sample data sequence
x(n)={1, 1, 2, 2, 3, 3} and compute the corres-
ponding amplitude and phase spectrum.

Given x(n)={1,2,3, 4, 4,3,2,1}, find X (n)
using DIT-FFT algorithm.

Unit - 11
Define Canonic and non-canonic structure.

Determine the direct form I and 11 realisation for
a third order IIR transfer function :

H(z)= 0-282z% +0-319z+0-04
V0.5 40327 40:172-0-2

Determine the parallel realisation of the IIR digital
filter transfer functions :

3(222 +5z+4)
(2z+1)(z+2)

H(z)=
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(d) PDevelop cascade realisation structure for :

_2:_+_5.+_5_Z-IJ.._E__~_‘2
H(z)=6 24 24 l24
1-Yoz' 4+ =27
4
Unit - IT1

3. (@ Define phase delay and group delay.

(b) Write short notes on Window Techniques by clearly

©

illustration of the'spectrum.

A low pass filter is to be designed with the following
derived frequency response :

w2 C_gld< w n/d
H. (e = e .- 1t/4 W_n/
a(€") {o 14 <|wsn

Determine the filter coefficient 1 () if the window
function is defined as : :

1, 0sns4
0, otherwise

w(h) ={

Also, deternrine the frequency response H (¢*) of
the designed filter.
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(d) The desired response of a low-pass ﬁl‘te:r is:

4, (@)

(b)
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1) - e,  —3n/4<w<3n/4
0, 37‘/4 < IWl <K

Determine H (/) for M = 7 using a Hamming

window.

Unit - IV

What are the requirements for converting a stable
analog filter into a stable digital filter?

Convert the analog filter into a digital filter whose
system function is ;

s+0:2
(s +02)° +9

H(F) -

Use the impulse invariant technique, assume
T=1s.

Determine H (z) for a Butterworth filter satisfying
the following constraints ;

Jo-ss|H(e™) €1 0swsn/2
|H(e™)s0-2

Inf4swsn
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wuii T= 1s. Apply impulse invariant transformation. 7

Design a digital Chebyshev filter to satisfy the
constraints :

0-707% <i, 0sw<0-2n

[# (")

H f‘”)

e
<0-1, 0-5Sn<wsn

using bilinear transformation and assuming T = 1 s.
Unit - V
List the advantages of multirate signal processing.

Obtain the expression for the output y (1) in tetms
of x (n) for the multirate system given as follow :

x(n)amaﬁmal T4|- y(n)

Implement a two-stage decimaitot for the following
specifications.

Sampling rate of the input signal = 20,000 Hz
M =100

Passband = 0 to 40 Hz.

Thansition band = 40-to 50 Hz
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(61
Passband ripple = 0-01
Stop band ripple = 0-002

(d) For the given system with input x (n), find the

outputy (n)' N .
x(n) =i Xy Xy X g Xy Ko Xy Xy Xy Xy cernenrans
I
[z —] T2
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